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In recent years, with the concept of intelligent life deeply rooted and the rapid 
development of electronic communication products, microphone array speech 
enhancement technology has become the focus of world. Microphone array speech 
enhancement system based on embedded processors is widely used in automotive 
systems environment, video conferencing, hearing aids, speech recognition front-end 
system, large-scale recording system at meeting place, robot navigation and other 
civilian and military products. Microphone array has high spatial resolution and 
strong anti-jamming capability, but in practical applications, the diversity of noise, 
environmental reverberation and moving-speaker may affect the overall performance 
of speech enhancement system and lead to performance degradation. 
The main work is as follows: 
First, the article describes the basics of microphone array speech enhancement, 
introduces the three common microphone array speech enhancement algorithms, 
compares the advantages and disadvantages of them, i.e., delay-sum beamforming 
algorithm, generalized side-lobe canceller (GSC) and adaptive post-filter beam 
forming algorithm, in terms of estimation accuracy, algorithm complexity and 
computation etc. 
Secondly, based on the adjustable beam generalized side-lobe canceller 
algorithm（AGSC），the paper proposed the gradient descent modified algorithm for 
the presence of voice signal leakage and low SNR voice signal caused by background 
noise and moving-speaker, and then tested its performance. 
Thirdly, the paper designed a microphone array speech enhancement system 
based on the STM32 platform, which enables real-time mobile sound source 
localization and enhanced output. And introduced its detail design about hardware and 
software design of the system. 
Finally, the speech enhancement system designed in this article was tested by 
several experiments under different actual acoustic scenes. The results show that the 
multi-channel speech enhancement system, can meet the requirements on voice signal 
acquisition, enhancement, and real-time output whether the background noise exists 
or the sound source is moving. 
 










































































































波束形成法（Linearly  Constrained  Minimum Variance，简称为 LCMV）算法[6]。
二是广义旁瓣对消器[7]（Generalized  Sidelobe Canceller，简称 GSC），这个算法











































器人听觉系统、语音识别系统的前端装置以及语音增强。如 Lifesize 公司使用 16
个传声器构成的圆形传声器阵列，形成了基于传声器阵列的音频、视频会议产品
[18]；2001 年，波音研究人员用螺旋形的麦克风阵列来记录飞机的噪声[19]，进一
步推广了麦克风阵列的应用；2004 年，MIT Computer Science and Artificial 
Intelligence Laboratory 完成了一个由 1020 个麦克风组成的大阵列[20]，由 510 组
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